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ABSTRACT
Monophonic tele-conferencing systems employ acoustic echo cancellers(AECs) to reduce
echoes that result from coupling between loudspeaker and microphone. Acoustic echo
cancellation is simple to develope as there is single channel. But future tele conferencing
systems are expected to have multi channel communication which is necessary in hands-free
multi user tele communication systems.
Stereophonic echo cancellation (SEC), has been studied since the early 1990s, in hands-free
tele communication applications such as tele conferencing, multi user desktop conferencing,
and tele video gaming. To enhance the sound realism in order to increase the speech
intelligibilty it is necessary to use two channel (stereo) audio systems. This requires SEC
systems. In SEC there is a fundamental problem that the adaptive algorithm used can not
identify correct echo path responses due to strong correlation between stereo signals and also
the convergence is slow. In this case it is necessary to identify two echo paths for each
channel thus there are four echo paths to identify which is very difficult.
In this thesis, the problems with stereo echo cancellation is explained and echo canceller with
emphasis on two channel affine projection algorithm (APA) is studied. The signal decorrelation techniques are reviewed and compared. The idea behind signal decorrelation
techniques is to introduce nonlinearity into each channel. This can be done by using halfwave rectifiers or time varying all-pass filters.Three methods were developed to reduce
correlation between stereo signals. One, is to use two positive half-wave rectifiers on both
channels considered as NLP1. Second, is to use positive and negative half-wave rectifiers on
each channel (NLP2). Third, is to use time varying all-pass filters (TV-APF) on both
channels with delays. Experiments were performed using MATLAB and observed echo
return loss enhancement (ERLE) and misalignment(MIS) with different scenarios. The
euclidean norm distance calculation has been used to find out MIS between filter coefficients
and true echo path models. It is observed that NLP1 and NLP2 lack signal perception even
though ERLE was good. The MIS falls down below 25dB with decorrelated stereo signals.
The use of TV-APFs gives good echo cancellation and does not effect the signal perception,
the ERLE in this case was 40.3231dB.

Key Words: Affine Projection Algorithm(APA), Stereo Echo Cancellation(SEC), Decorrelation, Non-linear Processing(NLP), Time Varying All-Pass Filter (TV-APF), ERLE,
MIS.
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CHAPTER 1
INTRODUCTION
1.1 Stereophonic Echo Cancellation(SEC)
A stereo teleconferencing system provides a more realistic presence than monaural
telecoferencing systems. In commonly used teleconfercing systems the necessity of multi
channels for stereo sound using more than one loudspeakers and microphones creates a
problem of echo generation by crosstalk between two different channels. In this thesis it is
considered stereophonic teleconferencing system that uses two loudspaekers and two
microphones in the receiving side. Since the use of stereo sound offers better sound quality,
the person in the conference room can easily identify and distinguish who is speaking. In this
communication system unlike monophonic echo cancellation, we have to find four echo
paths between two loudspeakers and two microphones, i.e, two direct paths and two crosstalk
paths. Thus SEC becomes a more complex problem and is an inherent part of stereophonic
communications systems. The schematic diagram of typical stereophonic echo cancellation
system is as shown in figure 1 below.

Figure 1. Stereophonic echo Cancellation syatem
Chapter 1. Introduction
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By neglecting the ambient noise and signals generated by speakers in receiving room, the
signal generated by one microphone signal can be written as
(1)
and
are the room impulse responses of the corresponding speakers to the
microphone,
and
are the far end signal vectors. The other microphone signal also can
be modeled in the same way since the system is symmetric. This will make the SEC four
times more complex than the conventional AEC[1]. The most fundamental problem
occurring in SEC is the non uniqeness problem between filter coefficients.

1.2 Fundamental Problem
The fundamental problem in SEC is that the non uniqueness between the filter
coefficients. The filter coefficients does not converge to true estimates of the echo path
responses. This leads to problem that the echo path cannot be determined uniquely[2]. This
problem is because of correlation between input signals. Thus the adaptive technique used
does not identify the correct echo path responses.
Further this problem can be circumvented by using decorrelation techniques to decorrelate
the stereo signals at the input to the loudspeakers to increase the speech intelligibilty without
affecting stereo perception. This will be explained further in section 4.

1.3 Research Question
1. Whether the adaptive filter coefficients can identify the echo path responses
correctly or not?
2. How well the decorrelation technique solves the problem of correlation
between input signals?

1.4 Adaptive Filtering
There are two main types of digital filtering, the Finite Impulse Response(FIR) and the
Infinite Impulse Response(IIR). IIR can normally achieve similar pereformance as FIR, with
smaller amount of coefficients and less computations[3]. However, as the complexity of the
filter grows, the order of the IIR filter increases and the computational performance is less.
Also IIR suffers from the instabilty problem. So the filters that are being used in echo
cancellation systems are usually of the FIR type.
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The adaptive filter is the critical part of the SEC which performs the work of estimating
the echo path of the room to get a replica of the echo signal. It needs an adaptive update to
adapt to the environmental change, such as conference rooms with many people talking. An
important issue of the adaptive filter is convergence speed which measures how fast the filter
converges to the best esimate of the room acoustic path.
A lot of adaptive filters have been derived and employed for the SEC. In this thesis, we
will mainly focus on the APA which has faster convergence than NLMS algorithm. It also
has low computational complexity and is proven to work well compared to other methods.

1.5 Scope of the Thesis
The work is to develop a algorithm for the stereo case of echo cancellation and also to use
the decorrelation methods to reduce the correlation between the input signals. The algorithm
is developed to identify four echo path responses. Since the stereo case is an extension to the
monophonic echo cancellation its necessary to use two microphones and two loudspeakers.
In this case two input signals are sent to the receiving room. The room used is a reverbarent
room, the received input signals are reverbarated in different paths and reach the two
microphones. So, four echo paths are considered of which two are direct paths and two are
crosstalk paths. The image method is used to find out the Room Impulse Response(RIR) of
the echo paths. In this thesis for the transmission room simulation direct paths will be
considered and noise will not be considered. Since, it is assumed that audio conferencing
systems usually have inherent background noise, and noise cancellation techniques are
usually used in such systems and it is presumed that this echo canceller is well suited for
such applicatioins.
The adaptive algorithm, APA is developed and used to cancel the echo that was generated.
This algorithm is designed to track two paths simultaneously while maintaing common error
signal between the channels to steer the filter coefficients simultaneously.
Further, the reduction of correlation between input signals will be carried out and
reviewed by different correlation techiniques one of them is by using a approach of time
varying allpass filters (TV-APFs) which does not affect the phase but delays the input signals
with the given delay and helps to identify the echo path responses correctly.
The simulation work is carried out using MATLAB. Adaptive algorithm and decorrelation techniques are evaluated and compared.
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1.6 Outline of the Thesis
In this thesis chapter 1 discusses the schematic of SEC and fundamental problem in SEC
including of a brief discription of adaptive filtering and motivation of the thesis. Chapter 2
discusses background theories, types of echoes, echo generation, basics of AEC, basics of
adaptive signal processing, applications of adaptive filters, fundamentals of adaptive filter
design theory, APA in detail, improved two channel APA and performance characteristics of
adaptive filters. Chapater 3 discusses room acoustics and simulation of RIR using image
method in detail. Chapter 4 dicusses SEC in detail, introduction to SEC, problems of SEC,
decorrelation techniques. Chapter 5 dicusses the performance evaluation, simulation
flowchart, speech signals, performance measures, and simulation results. In chapter 6
summary, conclusion and future scope are discussed. References are given in chapter 7.
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CHAPTER 2
BACKGROUND THEORIES
2.1 Introduction
2.1.1 Echo
Echo is the delayed and distorted version of the original speech which is reflected back to
the source. If reflected wave arrives after a very short time of direct sound, it is considered as
a spectral distortion or reverberation. However, when the reflected wave arrives a few tens of
milliseconds after the direct sound, it is heard as a distinct echo. In data comminication, the
echo can incur a big data tranmission error. In application like hands-free
telecomminications, the echo, in multi channel conditions, can make conversations
impossible. Thus the echo has been a big problem in communications networks[4]. This
situation becomes more problamatic in case of stereophonic communnication systems. Hence
this thesis intended to the investigation and development of an effective way to control the
stereophonic echo in hands free communications.
2.1.2 Need for Echo Cancellation
There are two types of echoes that exist in communication networks, one is electrical echo
and second is acoustic echo. The electrical echo is due to the impedance mismatch at various
points along the transmission medium. This echo can be found in public switched telephone
network (PSTN), mobile and IP phone systems. The electric echo is created at the hybrid
connections which are created at the two-wire or four wire PSTN conversion as shown in
figure 2. This will not be considered in the scope of this thesis[5][6].

Figure 2: Hybrid connections and electric echo generation
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Further, the development of hands free communication systems gave rise to another kind
of echo known as an acoustic echo. The sound wave travels from loudspeaker to microphone
through vibrations of circuit or open air generated echo. Examples of such systems are
mobiles, VOIP calls by using for instance, Skype, teleconferencing of meetings or remote
educations etc. The situation for teleconferencing in which more than one channels are being
used is the one that we will contribute to in this thesis. The basic setup of a typical hands-free
tele-communication system is as shown in figure 3 below.

Figure 3: Basic setup of a hands-free communication system
Each side of the communication process is called with general convention as 'End'. The
transmitting end from the speaker is called the Far End (FE), and the receiving side which is
being measured is called as the Near End (NE). The acoustic echo is due to the coupling
between the loudspeaker and microphone. The speech of the FE speaker is sent to the
loudspeaker at the NE, and it is reflected by walls, floor and other neighbouring objects, and
then picked up by the NE microphone and transmitted back to the FE speaker, yielding an
echo, which can be illustrated in the figure 4 below.

Figure 4: Generation of echo through direct coupling and reverberations
Acoustic echo can severely reduce conversation quality. Thus adaptive cancellation of
such acoustic echoes has became inherent in hands-free tele comminication.
Chapter 2. Background Theories
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2.2 Acoustic Echo Cancellation(AEC):
Acoustic echo occurs when an audio signal is reverbarated in a enclosed environment such
as conference rooms. The echo signal is the combination of original signal plus attenuated
and time delayed images of the original signal. In this thesis the echo path is generated using
image model of the Room Impulse Response(RIR).
Adaptive filters are efficient filters that iteratively alter their filter coefficients in order to
achieve an optimal output. The error function which is the difference between the desired
signal
and the filtered output
is minimized algorithmically by the adaptive filter
by altering the coefficients. This function also known as cost function of the adaptive filter.
figure 5 depicts the block diagram of the adaptive echo the impulse response of the acoustic
environment. For the cancellation of echo the adaptive filter is used in the feedback path
which is denoted as
. The role of the adaptive filter is to minimize the error between the
desired signal
, (i.e, the signal reverbarated within the acoustic environment) and filter
output
. The error signal
is used to steer the filter coefficients to
converge fastly to optimum value which is depend on the input signals[7].

Figure 5: Basic structure of AEC.
Thus the main aim the adaptive filter is to estimate the filter coefficients by calculating the
difference,
, between the desired signal and adaptive filter ouput. This error signal is fed
back into the adaptive filter and its coefficients are converged according to an update
equation to minimize this error function or cost function. In case of AEC, the optimum value
of the output of the adaptive filter is equal to the echo signal. While the adaptive filter output
is equal to the desired signal the error signal goes to zero. In this particular situation as we
want the echo signal is completely cancelled and the FE user would not recieve the original
speech returned back to them.
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2.4 Adaptive Signal Processing
2.4.1 Introduction
In this section the concept of adaptive filtering will be discussed. The advances in the
digital circuit design have been the key tecnological developement that made a fast growing
interest in the field of digital signal processing. One example of a digital signal processing
system is called filter. A filter is a device that maps its input signal to another output signal
facilitating the extraction of the desired information contained in the input signal. A digital
filter is the one that processes discrete time signals represented in the digital format[8].
An adaptive filter is required when either the fixed specifications are unknown or the
specifications cannot be satisfied by time invariant filters. The adaptive filters are time
varying since their parameters are continually changing in order to meet a performance
requirement. In this way, the adaptive filter can be interpreted as a filter that performs the
approximation step on-line.
2.4.2 Adaptive filter
In the case of time varying systems where the specifications are not available the solution
is to employ a digital filter with adaptive coefficients, known as adaptive filter. Since no
specifications are available, the adaptive algorithm that determines the updating of the filter
coefficients, requires extra information in the form a signal known as reference signal or
desired signal,
.
The general set up of an adaptive filtering environment is depicted in figure 6 below,
denotes the input signal,
is the adaptive filter ouput signal and
defines the desired
signal or reference signal. The error signal
is calculated as
. The error
signal
is used to adapt the filter coefficients this implies that adaptive filter ouput signal
is matching the desired signal in some sense.

Figure 6: General adaptive-filter configuration.
Chapter 2. Background Theories

-8-

2.5 Applications
The type of application is defined by the choice of the signals acquired from the
environment to be the input and desired-output signals. Some examples are echo
cancellation, equalization of dispersive channels, system identification, signal enhancement,
adaptive beamforming, noise cancelling, and control.
2.5.1 Adaptive System Identification
The typical set up of the system identification application is depicted in figure 7. A
common input signal is applied to the system and to the adaptive filter. Usually, the input
signal is a wideband signal, in order to allow the adaptive filter to converge to a good model
of the unkown system.

Figure 7: System identification
Assume the unkown system has a impulse response given by
zero for
. The error signal is then given by

, for

and
(2)

where

=
is the i filter coefficient.

(3)

th

2.5.2 Adaptive Noise Cancellation model
The other application of adaptive filter is the noise cancellation model is as shown below
in figure 8. In this model, the reference signal consists of a desired signal
which is
corrupted by an additive noise
. The input signal of the adaptive filter is a noise signal
that is correlated with the interference signal
, but uncorrelated with
. This
model is the inherent part of AEC for tele coomunication systems and also found in hearing
aids and noise cancellation in hydrophones, cancelling of power line intereference in
Chapter 2. Background Theories
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electrocardiography and in other applications. The adaptive filter coefficients converge to
cause the error signal to be a noiseless version of the signal
.

Figure 8:Noise Cancellation model
The error signal is given by
(4)
The error signal will never become zero due its nature. The error signal should converge to
the signal
, but not converge to the exact signal. In other words, the difference between
the signal
and the error signal will always be greater than zero. Hence, the only option
is to minimize the difference between these two signal. That is the error signal will
approximate the desired signal
, i.e.,
.

2.6 Fundamentals of Adaptive filter design theory
Adaptive filtering is the process which is required for echo cancelling in different
applications. Adaptive filter characteristics vary to achieve optimal desired output. By using
pre defined adaptive algorithms an adaptive filter can change its parameters to converge the
filter coefficients and to minimize the error[3][8][9].
2.6.1 Wiener Filter
Wiener filter has the most important role in many applications such as linear prediction,
echo cancellation, signal prediction, channel equalization and system identification. The
structure of wiener filter is as shown in figure 9 below.

Figure 9: Structure of General Wiener filter
Chapter 2. Background Theories
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The adaptive filter consists of a linear, i.e, the output signal is a linear combination signals
coming from an array as depicted in figure 10 below. The output equation in that case is
given by
,
(5)

Figure 10: Linear combiner
where
and
input signal and the adaptive filter coefficient vectors, respectively.

are the

The most used realization for the adaptive filter is through the direct form FIR structure as
depicted in figure 11 below, with the output given by
(6)

Figure 11: Adaptive FIR filter.
Chapter 2. Background Theories
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From the general FIR wiener filter shown in figure 9 we can get the optimum solution for the
filter coefficients. Here its operation is to produce the minimum mean-square (MMSE)
estimate,
of
. Two signals
and
are assumed to be Wide Sense Stationary
(WSS) with known autocorrelations. By estimating the filter coefficients the Wiener-Hopf
solution can be written as
(7)
where :
is

hermitian toeplitz matrix of auto correlation

w is vector of filter coefficients
is vector of cross-correlation between

and

The minimum mean square error is given by
,
where,

is the auto correlation vector of desired signal and

(8)
is the hermitian of

.

2.6.2 The Steepest Decent Method
This method is an iterative procedure used to find the optimum values of nonlinear
functions[9]. In steepest decent or gradient algorithm, the mean square error surface with
respect to an FIR filter coefficients is a quadratic bowl-shaped curve as shown figure 12
below.

Figure 12: Mean square error surface
Chapter 2. Background Theories
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In the above figure its clear that the mean square error curve for a single coefficient filter
and the gradient search for the coefficient of minimum mean square error. This steepest
decent search is to find a value by taking successive steps downward in the direction of
negative gradient of the error surface. With the start of different initial values, the
coefficients of the filter are updated while moving in the downward direction towards the
negative gradient and until a point comes where the gradient shows zero value. The steepest
decent convergence equation can be exprsssed as,
(9)
where

is the step size and (n) is mean square error at time n.

The step size parameter plays a vital role in adaptation either to increase or or decrease the
error. For a stable adaptation the limits of step size is given by
(10)
where

is the maximum eigenvalue of the autocorrelation matrix.

2.7 The Affine Projection Algorithm(APA)
2.7.1 Introduction
In order to increase the convergence rate of the adaptive filtering algorithms it is necessary
to reconstruct old data signal. Hence reusing algorithms are considered in order to increase
the speed of convergence in adaptive filter in situations where the input signal is
correlated[8].
2.7.2 Derivation
Assume the last

input signal vectors in matrix as follows:

=

(11)
At a given iteration , define vectors representing the partial reusing results, such as the
adaptive filter output, the desired signal, and the error vector.
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The vectors are

(12)

(13)
=

=
(14)

The objective of the affine projection algorithm is to minimize
(15)
with respect to :
(16)
The affine projection algorithm maintains the next coefficient vector
possible to the current one
, while forcing the posteriori error to be zero.

as close as

The method of lagrange multipliers is used to turn the constrained minimization into an
unconstrained one.
The unconstrained function to be minimized is
(17)
where
is an
be rewritten as

vector of Lagrange multipliers. The above expression can

The gradient of

with respect to
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(19)
After setting the gradient of

with respect to

equal to zero, we get
(20)

Substitute Eq. (20) in the constraint Eq. (16) above, then it follows that
(21)
The update equation is now given by Eq. (19) with

being the solution of Eq. (20), i.e.,
(22)

This equation corresponds to the conventional affine projection algorithm with unity
convergence factor. A trade off between final misadjustment and convergence speed is
achieved through the introduction of a convergence fator as follows.
(23)
Similarly, for complex affine projection algorithm the update equation is given by
(24)
where the
denotes the complex conjugate. The description of this algorithm is given
below where as a regularization factor is added through as identiy matrix multiplied by a
small constant added to the matrix
in order to avoid numerical problems in
the matrix inversion.
2.7.3 Description of the algorithm
Description of algorithm
Complex Affine Projection Algorithm
Initialization:
Choose in the range
= small constant
Do for

Table 1: Description of APA
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2.8 The two channel improved APA
The APA has lower complexity than RLS. Its convergence speed is high. In order to use in
SEC application with two channels, this algorithm has been improved[8][10].
Consider the error vector, the desired signal and adaptive filter output at a given iteration
, these are given by the Eqs. (12) and (13), the error signal is then given by subracting filter
output from desired signal. This error signal is common for two echo paths in one channel.
(25)
where
(26)
,

(27)

L is the number of input signal vectors. The APA is derived by first requiring that the error is
zero. i.e.,
(28)
Which implies that
(29)
Which means that the APA maintains the next coffiecient vector
as close as
possible to the current one
, known as minimal distance procedure, while forcing the
posteriori error to be zero. Then a posteriori error is computed with the current available
data, up to instant , using the already updated cofficeint vector
.
A priori error

can be defined as
(30)

From Eq. (29) and Eq. (30),
(31)
In order to calculate cross-correlation between two channels
(32)
(33)
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i.e., the weight increment and input vector must be orhtogonal. The objective of the APA is
to minimize the error according to
(34)
with respect to Eq.(29)
Hence, from Eqs.(32) and (33) the equivalent equation of Eq.(31) becomes

(35)

The improved complex APA algorithm is then found by the minimum norm solution of Eq.
(35)
,

,

(36)

A regularization factor is added through as identiy matrix multiplied by a small constant
added to the matrix
in order to avoid numerical problems in the matrix
inversion and index j term is introduced for orthogonality condition.
Hence,
,

,

(37)

2.8.1 Description of the Improved algorithm
Description of algorithm
Two path Complex Affine Projection Algorithm
Initialization:
,
Choose in the range
= small constant
Do for
,
,

Table 2: Description of two channel APA
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2.9 Performance Charactristics of the Adaptive Algorithm
The various factors that determine the performance of an algorithm are clearly discussed
here.
1. Rate of convergence: The convergence rate determines whether the filter converge to
its steady state error. This error is also known as minimum mean square error.
2. Misadjustment: This factor is the measure of the amount by which the averaged final
value of the mean squarred error exceeds the minimum mean square error produced by
the optimal Wiener Filter. The smaller the misadjusment, the better the performance.
3. Computational requirements: From practical point of view this is an importat factor.
This include the number of operations required for one complete iteration of the
algorithm and the amount of memory needed to store the required data.
4. Stabilty: An algorithm is said to be stable if the error converge to its finite value.
5. Numerical robustness: The adaptive filter which is implemented with finite word
lengths, results in quantization errors. These errors can cause numerical instabilty of
the algorithm. An adaptive algorithm is robust when its implementation is stable using
digtal finite word length operations.
6. Filter length: The filter length specifies how accurately a given system can be
modelled by the adaptive filter. The increase of computations is not what makes
convergence rate decrease. Also if decreasing the filter length to much will also result
in a larger error even when the algorithm reaches its final state.
It is better to have a computationally simple and numerically robust adaptive filter with high
rate of convergence and small misadjustment that can be implented easily on a computer. In
echo cancellation application this requirement has an important role.
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CHAPTER 3
ROOM ACOUSTICS
3.1 Introduction
The echo cancellation will be tested in real rooms. Since the acoustics of different rooms
are different, the performance which is good in one room, might not be good in another. This
allows the designer to test the algorithms in different types of rooms they were designed for.
So that one has ability to determine where it works well. For example an AEC that was
designed to operate in an office may not work properly in a conference room. If an AEC does
not work well in different rooms it is probably due to the reverberation time of the room. The
lower the reverberation time, the better the echo cancellation will be. In this thesis, image
method for RIR is used to simulate the echo mode of speech signals. The generation of echo
is carried out by convolution of speech signals with simulated RIRs for particular positions of
the speaker and microphone. An impulse response from a source to microphone can be
achieved by solving the wave equation given below[11].
,

(38a)
(38b)

where c is the speed of propagation 340m/s, p(t,r) is a function represesnting the sound
pressure at a time instant t for a point r= [x,y,z]T in space with cartesian coordinates. In order
to calculate the sound field emanating from a source in a typical room, an additional source
function and a boundary conditions that describe the sound reflection and absorption at the
walls is needed. Let s(r,t) denote the source function, then the wave equation is given by
(39)

3.2 Reverberation
Reverberation is caused by reflections of sound. The sound that emanating from a source
produces a wavefront, which propagate outward from the source. This wavefront which is
reflected by the walls of the room will superimpose at the microphone. The figure 13(a)
below depicts the situation with a direct path and single reflection. The direct path sound
reaches the microphone very fast than that of reflected path so the actual signal intelligibility
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(a)
(b)
Figure 13: Reverberation.(a) Single reflection. (b) Multiple reflections
will decrease. In reverberation, there are generally a set of well defined and directional
reflections for short period of time after the direct sound that are directly related to the shape
and size of room, as well as the position of the source and listner in the room. These are the
early reflections or 'early echoes'. After the early reflections, the rate of the arriving
reflections increases greatly and these reflections are more random and difficult to compare
to the physical charactristics of the room. These are called the diffuse reverberation, or the
'late reflection'. The primary factor for establishing a room's size is the diffuse
reverberation[12]. An example of RIR for a typical room is depicted in figure 14 below.

Figure 14: Room Impulse Response

3.3 Reverberation Time
This is another index considered while simulating room reverberation. It is also known as
duration of reverberation. It is defined as the time required for the intensities of the reflected
sound rays to be down 60dB from the direct path sound ray. Generally this is denoted by T 60
and expressed in seconds[13]. This is given by the following formula
Chapter 3. Room Acoustics

-20-

,
Where, V is the volume of the room, and
surface of the
wall, respectively.

and

(40)

denote the reflection coefficient and

3.4 Simulation of RIR
The image model can be used to simulate the reverberation in a room for a given source
and microphone location. This method is an efficient method to compute a FIR that models
the acoustic channel between a source and a receiver in rectangular rooms.
3.4.1 Why RIR?
In real time applications such as echo cancellers, The adaptive filter is needed to estimate
the correct echo path response h(n) of a typical room. Hence, an exact RIR is inherent to
compare the result
to echo to make sure whether it is correct or not. The acoustic
characteristics of different rooms is different. They mostly differ in reverberation time,
frequency response, cumulative spectral decay, energy decay. The reverberation time is
mainly depend on three factors.
Size of the room.
Constructing materials of the room(wood, concrete, ceramics)
Objects inside the room(tables, chairs, people)
3.4.2 Image Model
In the figure 15 below it is depicted that a sound source S located near a rigid reflecting
wall. Assuming that at a distance D, two signals, one from direct path and a second one from
reflection arrived. From the triangular properties the path length from source to destination,
i.e., the length of direct path can be calculated from known locations of source and
destination. An image of the source, S' also located at a distance equal to the distance of the
source from the wall. From symmetry of triangles, the triangle SRS' is isosceles and hence the
path length SR+RD is the same as S'D. Hence, to compute the length of the reflected path,
construct an image of the source and compute the distance between the image and
destination. Additionally, computing distance using one image means that there was one
reflection in the path.

Figure 15: Path involving one reflection using one image
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The figure 16 below shows distance computed using two images. The length of the path
with two reflections can be obtained from the length od S''D. Additionally, the path length of
reflections can be obtained by computing the distance between the source images and
destination. The number of images involved in the computing is equal to the number of
reflections in the path. The strength of the reflection is nothing but the path length and the
number of images used.

Figure 16: Path involving two reflections using two images.
3.4.3 Image method
Consider a rectangular room dimensions of length , width
and height as . The
sound source is represented at a location with the vector
and the location of
the microphone is repressented with the vector
. The rectangular room with
source and receiver positions is depicted in the figure 17 below. The source and receiver are
placed at one of the corners of the room with respect to the origin. The corresponding
positions of the images measured with respect to receiver and calculated using the walls at
and
and it can be written as
(41)

Figure 17: Room model. (a) Rectangular room with source and receiver (b) The first six
positions of the source, dark circle is the receiver.
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Each element in the
can take the values either 0 or 1, resulting in eight
different combinations that specify a set. When the value of is 1 in any dimension, then an
image of the source in that direction is considered. The image source model of rectangular
room is repeated as shown in figure 18 below. In order to consider all images, the vector
is added to
where
(42)
where
and
are integer values. Each element in the
the values from –N to +N.

can take

Figure 18: Image source model of a rectangular room. The dark cell is the original room.
The order of reflection related to an image at the position
–

is given by
....

(43)

The distance between microphone and any image source is given by
(44)
The impulse response for any sound source and microphone can be written as
(45)
Here is the time delay of arrival of the reflected sound ray corresponding to this sound
source, denotes a set of which contains all desired tripples m and similarly P denotes a set
of all tripples . The quantities
represent the reflection
coefficients of all six walls. If all the walls has same reflection coefficient
then the
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reflection coefficient for reflections is given by
. Where is the total number of
reflections the wave has undergone. The ideal discrete version of Eq. 45 is given by
,

(46)

The source signal can be convolved with the room impulse response computed from above
Eq. 46 to simulate the microphone signal.
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CHAPTER 4
STERO ECHO CANCELLATION
4.1 Introduction
In teleconferencing systems such as desktop conferencing and video conferencing AECs
are used to reduce the echo that results from the acoustic coupling between the loudspeaker
and the mocrophone. The purpose of AEC is to identify the echo path and simultaneously
reduce the echo by means of adaptive filtering. This kind of conventional AEC will not work
properly if the dual audio system exist in each direction. In this case a more sophisticated
SECs are needed. In this thesis, the fundamental problem of SEC and possible solutions are
reviewed and compared[14][15].
Stereophonic conferencing system is more realistic than monophonic sytem, speech is
provided by transmitting spatial information. This means the listner will also be able to
distinguish who is speaking at the other end. This requirement is necessary for video
teleconferencing involving many different talkers. Since there are four acoustic paths to
identify, two to each micrphone, causes some fundamental problems.
Stereophonic echo cancellation is nothing but a straightforward generalization of the
monophonic echo cancellation systems[16][17]. It is depicted in the figure 19 below.

Figure 19: General setup of Stereo Echo Cancellation
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The problems of stereophonic echo cancellation are fundamentally different from those of
single channel AEC's. In the above figure for simplicity only one channel is showed and
similar analysis will be applied to other channel.

4.2 Stereophonic Echo Cancellation
According to figure 19 above stereo echo cancellation can be considered as a multi input,
unknown linear system consisting of the parallel combination of two acoustic paths (
)
going through the receiving room from the loudspeakers to microphone. This unknown
system is modelled by SEC system by means of adaptive filtering. The same model can be
applied to other channel. It also illustrates that SEC operates between a transmission room on
the right and a receiving room on the left. The transmission room is referred as the far-end
room and the receiving room as the near-end room. Figure 19 shows the typical stereophonic
echo cancellation system. The transmisson room is on the right side consists of two
microphones that pick up the speech signal, , from the source[18][19]. Let the ith
microphone signal be the
,

.

(47)

These signals are transmitted to receiving room on the left and presented by two
loudspeakers. The room impulse response of one acoustic path from jth loudspeaker to ith
microphone can be denoted as
. Then the microphone signal in the receiving room can be
considered as the echo genereated and can be denoted by and is given by
,
,

(48a)
(48b)

this echo will be transmitted back to the loudspeaker in the transmission room if SEC system
is not used. This will make speech intelligibilty worse. The SECs use FIR adaptive filters to
adapt the paths and to provide estimates of the echo path responses. Later the adaptive filter
coefficients are updated adaptively according to the input signals to loudspeakers and the
corresponding echo signals. In case of SEC four echo paths need to be identified two for each
microphone as shown in figure 1. The estimated echo i.e., the output, of the SEC is given
by
,
(49a)
,
(49b)
after the echo cancellation is done the residual echo is what is left after subtracting the
estimated echo from the true echo, given by
,

(50)

this error signal is used to steer the adaptive filter coefficients. In this thesis two channel
APA is used for adaptation technique.
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4.3 The non-uniqueness problem
The fundamental problem of SEC systems is that for a set of data, it is not possible to
uniquely determine echo path responses to drive the error to zero. The error signal is given
by
(51)
for perfect echo cancellation to take place the error signal must be zero. i.e.,
Which gives following equation
(52)
This does not mean that
. The perfect alignment is not garrantied even if the
echo has been reduced. This means that the SEC system does not identify the correct echo
path. The above equation have infinetely many solutions. This problem becomes worse when
there is a change in the transmission room[14].

4.4 The misalignment problem
There is a mismatch between the filter coefficients
quantified by the factor 'misalignment' and it defined as
.

and impulse responses

. It is

(53)

Even if the misalignment is large sometimes it is possible to have good echo cancellation.
But if the input signals change this is not possible. In monophonic case, this can be avoided
by proper length of adaptive filter and impulse response. In stereo case it becomes much
worse because of strong correlation between input signals[15].

4.5 Signal Decorrelation Techniques
These techniques are used to reduce the correlation between stereo input signals. Stereo
signals are linearly related and there exist strong correlation between these signals. In order
to reduce this a non-linear or time-varying transformation is to be introduced between these
signals. This transformation may affect the stereo perception and it is required to find better
value for the better stereo perception. One of the methods is a simple non-linear method that
gives good performance which uses half-wave rectifier[14][20][21][22]. This is denoted as
non linear processing (NLP1) method 1 and the non-linear relation is given by,
(54)
In this method the linear relation may not be completely cancelled. For example if
and
or if
with
Practically, this
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condition never occur because input signals always have zero mean signals and input signals
never related by a simple delay.
To avoid this one more possible way is to use an improved version of the above technique.
A half-wave rectifiers with negative and positive factors on each channel respectively. This is
denoted as non linear processing(NLP2), and the relation is given by
,

(55)

.

(56)

In this way the linear relation is completely removed. Based on the values of the amount of
decorrelation varies and this does not affect the stereo perception even with as large as 0.5.
The distortion introduced in this method for speech is badly audible since the nature of
speech signal and psychoacoustic masking effects.
Another mothod to decorrelate the input stereo signals is to use time varying all-pass
filters (TV-APFs). The stereophonic echo cancellation with this technique is depicted in the
figure 20 below. The stereo signals are passed through a time varying all pass filter before
the adaptation[14].

Figure 20: Stereo Echo Cancellation with Decorrelation.
The allpass filter sections are denoted as a1(k) and a2(k) for two channels respectively. At
time instant the echo after decorrelation can be written as
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,

(57a)
(57b)

,

(58a)
(58b)

,
The estimated echo can be written as follows

.
Then the corresponding error can be solved as
,
If the perfect echo cancellation is done the error signal becomes zero. i.e.,
implies that error in the ith path is

(59)
, which
(60)

Since this becomes true for all variations of , the perfect alignment between adaptive filter
and true echo path is possible. i.e.,
. Generally, this is not possible due to
finite impulse response of the adaptive filters.
The internal strucure of adaptation process within SEC system for two channels is depicted
as in figure 21 below. There is shown four adaptive filters between two channels. The single
error is used to steer filters in one channel simultaneously.

Figure 21: Adaptive Filtering of SEC-Internal operation between two channels.
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Here the inputs are the desired signals from the microphone output in the receiving side, and
s1 & s2 are the original signal, the output of the filter is denoted as y and error signal is
denoted as e. Filter coefficients are varied according to the input signals and desired signals.

4.5 Time-varying All-pass filtering
The allpass filters used in SEC must follow certain constraints. First, the stereo signals that
are modified through the all-pass filters are played back through the loudspeakers in the
receiving room. Hence, the time variation of the allpass filters has to be given such that it
does not affect the stereo perception of the speech signals. Second, since the adaptive filter
used, identifies the echo path responses, the time variation of allpass filter must be fast
enough so that the adaptive filter can not be able to track the changes in the all-pass
filters[25][26]. The simplest all pass filter is a pure delay system with system function
(61a)
This system passes all frequencies without modification except for a delay of

samples.

The simplest allpass filter system is depicted in the figure 22 below.

Figure 22: All-pass Filter system
where
is the numerator polynomial and
is the denominator polynomial. The
transfer function of the all pass filter of order is given by
,

.

(61b)

The important features of all-pass filters are


It has constant magnitude response for all frequencies. i.e., this filter
passes all frequencies all time unattenuated.
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An all-pass filter can be defined as a filter having the feed forward gain of equal to 1
at all frequencies, but typically with different delays at different frequencies. This
should be less than 1 for stability.



Only the phase characteristics changes for each frequency.
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CHAPTER 5
PERFORMANCE EVALUATION
5.1Simulation
The simulation is carried out in MATLAB. It is userfriendly, general purpose,
mathematical package. It handles matrix manipulations and graphics. The mathematical
computing became simple. It has in built functions. The external functions written in other
languages can also be integrated with MATLAB easily. It has many signal processing
toolboxes which helps the code to be written precisely. In this thesis the adaptive signal
processing toolbox functions have been used to implement APA algorithm.
Some other features :


Since the input signals to echo canceller are voices, they need to be stored as wav
files in order to interpret sound. This can be easily done by MATLAB.



The final output signals are also stored as wav files. So they can be easily heard and
analyzed.



Since the adaptive signal processing toolbox has built-in functions, there is no need of
writing functions seperately.

5.2 Description of the Setup
1. The signals from the source and the echoes that are generated are both given to the
SEC and later the echo signal is estimated through adaptation process and is
cancelled.
2. The speech signal here used is of 11 seconds duration with a sampling frequency
of 16KHz.
3. This signal is used to test the SEC performance by measuring the ERLE and MIS.
4. The RIR is found using the image method.
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5.2.1 Flow chart
The simulation flowchart of SEC algorithm is depicted in the following figure 23
Start

Read stereo input signals s1 and s2 decorrelate the s1 and s2 by passing through decorrelation filters

Read corresponding 4 room impulse
responses between two sources and two
microphones h11, h12, h21, h22

Create two corresponding echo signals y1 and y2
where y1=s1h11+s 2h12, y2=s2h21+s1h22
Create two desired Signals d1 and d2
d1=y1, d2=y2

for i=1 to
n
iterations

FALSE

TRUE

Run AP Algorithm to calculate corresponding
estimated echo signals y1 and y2 and corresponding
filter coefficients

Get residual echo (e = d-y) by
subtracting estimated echo from
desired signal

Update the filter Coefficients

Stop

Figure 23: Simulation Flowchart
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5.3 Speech Signal
In this thesis work, a reference speech signal is used which is of 11sec duration with a
sampling frequency of 16KHz. This signal has ITU standards and recorded with both male
and female voices to be able to test on both genders. The original speech signal is shown in
figure 24 below and details given in Table 3.
Test speech signal
0.4
0.3
0.2
0.1

Amplitude

0
-0.1
-0.2
-0.3
-0.4
It's easy to tell the depth of a the well

-0.5
-0.6

0

2

Kick the ball straight and
follow through
4

Glue the sheet to the dark blue
background

6
Time(Sec)

A pot of tea helps to pass
the evening

8

10

12

Figure 24: Test speech signal (sampling rate 16KHz)
Sentenece

Voice

Duration

It's easy to tell the depth of the well

Female

3

Kick the ball straight and folloow through

Male

2

Glue the sheet to the dark blue background

Female

3

A pot of tea helps to pass the evening

Male

3

Table 3: Details of the speech signal

5.4 Performance measures
The performance of the SEC depends on some important performance indexes. These are
discussed in the following sections.
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5.4.1 Echo return loss enhancement(ERLE)
The quality of the SEC is evaluated using the measure of ERLE. It is defined as the ratio
of the instantaneous power of the desired signal,
, and the instantaneous power of the
residual erroe signal,
, immediately after the cancellation of echo. It is often measured in
dB. ERLE measures the amount of loss introduced by the adaptive filter alone. It can be
expressed mathematically as
.

(62)

In order to achieve acceptable echo cancellation, adaptive filter must provide an ERLE of
atleast between 30dB to 40dB.
5.4.2 Convergence
One of the important measures of adaptive algorithm is the convergence test. The
convergence rate is depend on convergence factor,
. The tests were conducted by
observing filter coefficients and the plot of the error signal,
. For a value about 0.5 a
good convergence speed is achieved.
5.4.3 Auditory test
The echoes after cancellation will be directly listened to. Since the echo cancellation was
perfectly achieved, the error signal becomes almost zero. When it was listened to the error
signal after echo cancellation, it contains almost no echo.
5.4.4 Misalignment(MIS)
Another performance measure is so-called normalized misalignment[2]. It quantifies
directly how well (in terms of tracking, convergence and accuracy to the solution) an
adaptive filter converges to the impulse response of the system that needs be identified. It is
defined as
(63)
in dB,
dB.

(64a)

For stereo signal the misalignment for one channel can be expressed as
dB,
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5.5 Simulation Results
These experiments are performed according to the figure 20 in section 4. The input signals
used are shown in figures 25 below. These signals are sent from a single source and have a
sampling frequency of 16Khz for all experiments. Before sent to the receiving room these are
decorrelated using the methods mentioned in section 4.5. These signals are then presented in
the receiving room through a set of two loudspeakers and then received by microphones
through different paths which genereates echoes. These echoes are sent to SEC and estimated
by SEC and cancelled out later. The impulse responses in the receiving room which are
calculated using RIR image method are shown in figure 26.

Input signal, far-end left
0.4

Amplitude

0.2
0
-0.2
-0.4
-0.6

0

2

4

6
Time(Sec)
Input signal, far-end right

8

10

12

0

2

4

6
Time(Sec)

8

10

12

0.4

Amplitude

0.2
0
-0.2
-0.4
-0.6

Figure 25: Input signals Far-end left and Far-end right
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5.5.1 Receiving room setup:
The impulse responses in the receving room are indexed to the adaptive filter length. As
mentioned before four impulses are considered which are between two loudspeakers and two
microphones. These impulse responses are calculated according to Eq.48. These are defined
as left to left ( ), left to right (
), right to left (
) and right loud speaker to right
microphones (
). These four impulse responses are shown in figure 26. The typical
specifications of the simulated receiving room for SEC are shown in Table.4 below.
Receiving room

Specifications

Dimensions
Coordinates of mic 1
Coordinates of mic 2

10x10x10
[1.5 2.2 3.3]
[1.5 4.2 3.3]

Coordinates of loudspeaker 1

[4.4 3.2 3.3]

Coordinates of loudspeaker 2

[4.4 4.2 3.3]

Length of RIR
Reflection coefficient

1200 samples
0.7

Table 4: Specifications of the simulated receving room for SEC

Figure 26: Room Impulse responses of receiving room (n=1200, beta=0.7, room=[10 10 10])
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Since the two input signals are highly correlated, so decorrelated using non linear methods
mentioned in section 4.5. The techniques used are NLP1, NLP2 and TV-APFs on both
channels.

5.6 The simulation setup for TV-APF
First, we considered TV-APFs for decorrelating the input signals. The specifications taken
were, delays for two channels are delay1 = 1, delay2 = 10 and feedforward gain g=0.9. As
mentioned before the APA algorithm is used for the adaptation purpose. The highest order of
APA used for this experiment is N = 1000, because higher order gives more precise output
results. The convergence factor
, reflection coefficient beta = 0.7 and regularization
factor
The experiments were carried out separately for each channel as
computation complexity is more. Since the procedure is same for two channels, the
remaining results will be showed only for left channel separately. The decorrelated signals
using TV-APFs is given in figure 27 below.

-4
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Decorrelated signals using allpass filter
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Figure 27: Decorrelated signals using TV-APFs
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The frequency response of the all-pass system after decorrelation is shown in figure 28. As
mentioned before all-pass filters changes the phase of each frequency and delays the signal.
Frequency response of TV-APF for left channel
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Figure 28: Frequency response of TV-APF.(a) Left channel (b) Right channel
The desired signals at two microphones are created by combining corresponding impulse
responses. These are the original echoes presented in the receiving room and are denoted by
dl (left channel echo) and dr (right channel echo). These signal plots are shown in figure 29
below. In this thesis any kind of noise is not considered.
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Figure 29: Desired signals(Original echoes) to the SEC
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The resulting outputs of ERLE and misalignment of left channel after echo cancellation is
showed in figure 30 below.
Misalignement b/w RIR h & estimated weights H for stereo system
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Figure 30b: SEC with TV-APF, left channel. (a) Estimated echo vs residual echo (b) ERLE
In the above figure 30 the ERLE plot for the left channel is showed by a smoothed curve.
The MATLAB command 'smooth' is used for this purpose. The average value of ERLE
achieved in this case is approximately about 35.5660dB which is a good result.
The right channel was also verified with same parameters as above. In this case the right
channel has an average ERLE of approxmately 32.4627dB. These plots are shown in figure
31 below.
Here, the estimation of the misalignment is calculated in dB and plotted with respect to time
in the figures 30, 31, 32, 34 and 35. The MIS is calculated for both filters by taking the same
length of estimated and real impulse response. The MIS settled down below 25dB mostly.
The ERLE has been showed for the total signal using smoothed curve, the variation of ERLE
from starting to end is between 0dB to 50dB.
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Misalignement b/w RIR h & estimated weights H for stereo system
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Figure 31b: SECwith TV-APF, right channel.(a) Estimated echo vs residual echo. (b)
ERLE(32.4627)

5.7 Simulation setup for TV-APF with
Next, SEC is verified again using time varying all pass filters (TV-APFs) for de-correlating
the input signals by using convergence factor
. The specifications taken were feedforward gain, g=0.7 and delays for the left and right channels are delay1=1, delay2=10
respectively. The other specifications taken were filter order N=1000, room=[10 10 10],
beta=0.7, length of impulse n=1000, convergence factor
and regularization factor
. The results are showed in figure 32 below. In this case the echo suppression
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was very good, with above specifications of all-pass filters the correlation between input
signals was successfully cancelled and a good echo suppression was achieved .
Misalignement b/w RIR h & estimated weights H for stereo system
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Figure 32b: SEC with TV-APF(
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5.8 Performance of SEC without Decorrelation:
The echo cancellation without decorrelation of stereo signals was observed for left channel
and results are showed in the figure 33 below.
5.8.1 The specifications:
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The parameters set were, filter order N=8000, RIR length n=8000, convergence factor
, regularization factor
and reflection coefficient beta = 0.7. This shows
that without processinig of input signals the echo suppression was very poor with a small
speech in the beginning. Also, observed that the APA algorithm itself has some decorrelating
property, since the ERLE acheived in this situation is approximately about 22.9503.
The reason for selecting these specifications for RIR and filter order as 8000 is because it is
also observed that when used RIR length and filter order 1000 as in the previous figures the
ERLE not decreased. So, this is the case where the performance of APA decreased without
decorrelation.
In the below figure 33(b) blue curve shows the estimated echo and red curve shows the
residual echo after echo canellation.
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5.9 Simulation setup for NLP1:
Further, the SEC is verified by non-linear processing(NLP1) of input signals with only
positive half-wave rectifiers on both channels. The distortion factor
, was taken for
simulation. The distortion factor was so chosen because it is the minimum possible distortion
that can be introduced in the stereo signals (
. It
was observed that the echo cancellation was good enough. The correlation between input
signals was cancelled mostly. The specifications taken were filter order N=1000, room = [10
10 10], reflection coefficeint beta=0.7, impulse response length n = 1000, convergence factor
. The results are showed in figure 34 below.
The ERLE in this case was approximately about 34.6259.
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Figure 34b: SEC with non-linear processing (NLP1). (a) Echo suppression (b) ERLE
(34.6259dB)
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5.10 Simulation Setup for NLP2:
Further, the stereo input signals were processed with non-linear processing method (NLP2)
using positive and negative half-wave rectifiers on each channel. The distortion factor was
chosen for 0.3 and 0.5. The echo suppression was very good in both cases. It was observed
that the ERLE was better with
than that of
. The specifications chosen were
filter order N=1000, room=[10 10 10], length of impulse n=1000, convergence factor
and beta=0.7. As increases more than 0.5, the non linearity between stereo signals
increases and hence, echo cancellation was not good enough. The results for both cases are
showed in figures 35 and 36 below.
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Misalignement b/w RIR h & estimated weights H for stereo system
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Figure 36b: SEC with non-linear processing (NLP2) with
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5.11 Performance evaluation, comparative study
Further, we tested SEC by varying room dimensions with the TV-APFs in the decorrelation
path. We varied number of samples for RIR and for each sample length 6 different room
sizes were used to measure the ERLE. This is depicted in the figure 36 below. The colormap
is used to distinguish between different room sizes. Each color shows different room. A plot
between ERLE and number of samples was plotted. The reflection coefficient was fixed at
0.7 for all rooms.
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The specifications are filter order N = 8000, reflection coefficient beta=0.7, feed forward
gain g = 0.6, step size
and regularization factor
. RIR is varied from
1000 to 9000 samples for different rooms for the purpose of comparison between different
rooms with different RIR.
It can be observed that the ERLE is high when the RIR is set to1000 samples for all rooms
and when the RIR is above the largest filter length the ERLE slightly decreased. Hence, for
previous experiments only 1000 samples were used and for comparative study 8000 samples
were used as same as filter length.

RIR
length
1000
2000
3000
4000
5000
6000
7000
8000
9000

[5 5 5]
ERLE(dB)
42.4469
41.4460
41.3366
41.1697
41.1794
41.1797
41.1837
41.1884
38.0084

[6 6 6]
ERLE(dB)
45.1835
43.8203
43.4609
43.3457
43.3605
43.2852
43.2810
43.2779
40.2779

[7 7 7]
ERLE(dB)
45.4065
44.0558
43.8253
43.6485
43.5809
43.5836
43.5775
43.5799
39.5447

[8 8 8]
ERLE(dB)
44.9149
42.4466
42.0668
41.9956
41.9751
41.9794
41.9784
41.9804
40.3231

[9 9 9]
ERLE(dB)
47.5315
45.6467
45.0914
45.0205
45.0340
45.0068
45.0119
45.0127
42.9379

[10 10 10]
ERLE(dB)
48.9646
46.1493
45.6033
45.4638
45.4400
45.4312
45.4268
45.4258
43.7274

Table 5:Performance evaluation of TV-APF with different room sizes
ERLE vs RIR by varying room dimensions with TV-APF
50
[555]
[666]
[777]
[888]
[999]
[101010]

45

40

35

ERLE(dB)

30

25

20

15

10

5

0

1000

2000

3000

4000

5000
Sample

6000

7000

8000

9000

Figure 37: Plot between ERLE and RIR with TV-APFs
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The performance evaluation of non linear processing methods NLP1 and NLP2 for signal
decorrelation was also studied by measuring plots between ERLE and RIR length for
different rooms. The ERLE was measured by varying RIR length for 6 different rooms. The
reflection coefficient for each room was fixed at 0.7. The results have been shown in Tables
6, 7 and the plots are showed in figure 37, 38.
The specifications taken were filter order N=8000, distortion factor
and regularization factor
.

RIR
length
1000
2000
3000
4000
5000
6000
7000
8000
9000

[5 5 5]
ERLE(dB)
31.7687
31.5505
31.4154
31.3999
31.3898
31.3947
31.3976
31.3985
30.9148

[6 6 6]
ERLE(dB)
33.1957
32.6662
32.4868
32.4487
32.4291
32.4305
32.4313
32.4293
32.1065

[7 7 7]
ERLE(dB)
34.1715
33.4694
33.1208
33.0715
33.0819
33.0728
33.0688
33.0700
32.4933

[8 8 8]
ERLE(dB)
34.3584
33.8051
33.5454
33.4614
33.4074
33.3989
33.3983
33.3983
33.0072

, beta=0.7, size

[9 9 9]
ERLE(dB)
36.4157
35.0552
34.9397
34.9064
34.8987
34.8912
34.8898
34.8902
34.6561

[10 10 10]
ERLE(dB)
36.5688
35.2233
34.4716
34.9308
34.9244
34.9204
34.9189
34.9191
34.7201

Table 6:Performance evaluation of NLP2

ERLE vs RIR by changing the room size with NLP2
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Figure 38: ERLE vs RIR with NLP2
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RIR
length
1000
2000
3000
4000
5000
6000
7000
8000
9000

[5 5 5]
ERLE(dB)
38.7507
37.6440
37.5043
37.4657
37.4642
37.4771
37.4810
37.4839
35.8142

[6 6 6]
ERLE(dB)
43.6054
40.4681
40.2817
40.2201
40.2005
40.1880
40.1882
40.1852
38.3775

[7 7 7]
ERLE(dB)
41.0552
39.9556
39.7807
39.7279
39.7020
39.7113
39.7090
39.7088
37.4838

[8 8 8]
ERLE(dB)
41.2532
39.4311
39.6585
39.5758
39.5461
39.5440
39.5454
39.5457
38.0856

[9 9 9]
ERLE(dB)
44.2980
41.5130
41.3331
41.2946
41.2766
41.2756
41.2735
41.2724
40.2291

[10 10 10]
ERLE(dB)
43.8138
42.2953
41.8753
41.7818
41.7642
41.7662
41.7639
41.7628
40.8771

Table 7: Performance evaluation of NLP1
ERLE vs RIR by changing room size with NLP1
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Figure 39:ERLE vs RIR length with NLP1
The evaluation of three methods for signal decorrelation shows that the echo cancellation
was good with TV-APFs for all cases. The maximun ERLE with TV-APFs was 48.9646dB in
case of [10 10 10] room. The NLP2 method also gives average performance compared to
TV-APFs. NLP1 gives better performance with distortion factor
. The maximum
value of ERLE was 44.2980dB in case [9 9 9] room. It was also observed that the constant
ERLE maintained in case of TV-APFs was about appr 41dB to 45dB, in case of NLP2
between 31dB to 34dB and in case of NLP1 between 37dB to 41dB for higher order and
varied signal strength. The variation of ERLE with variation of signal strength is very less by
keeping filter length fixed at 8000.
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The below figure 39 shows results between ERLE and reverberation time for all three
methods of de-correlation. Reverberation time is expressed in seconds, which is the time
taken for the echoes to be attenuated 60dB down from the direct path and it is denoted by T 60
as mentioned in section 3.3. The specifications taken were Filter order N=4000,
Reverberation time varies from 0.2 to 0.9, convergence factor
and regularization
factor
and the room dimensions were [6 6 6]. For TV-APFs, the feedforward
gains 0.7 and 0.9 were tested and observed that the performance is comparable. NLP1 and
NLP2 shows good performance, which is verified with
and 0.5, in which with
is better than
.
ERLE vs Reverberation time
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Figure 40: ERLE vs reverberation time

Next, the measure between ERLE verses adaptive filter length was carried out. The filter
length is varied from 1000 to 9000. The RIR length taken was 8000 samples for all scenarios.
The other specification were beta = 0.7,
. Three methods for decorrelation are
compared with different specifications. This result has been shown in figure 40 below. In this
figure we observed that TV-APF with the specifications
, room size [10 10 10],
beta=0.7 and forward gain g=0.7 has better performance than other methods, in this case the
ERLE was 45.4258dB. While NLP2 and NLP1 coincide with TV-APF up to 24dB with same
specifications. NLP1 has better performance than NLP2 with distortion facctor
.
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ERLE vs Filter order (Room=[101010],beta=0.7,RIR=8000,gama=1e-12)
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Figure 41: ERLE vs filter length

Next, we measure ERLE by varying convergence factor with respect to reflection coefficeint,
beta, using TV-APFs for decorrelation. The results are showed in figure 41 below. In this
plot we showed that by varying step size from 0.1 to 0.5 the ERLE is showed on y-axis in
dB, different colours used for curves to depict different beta values. It is observed that as
convergence factor, mu, increases from 0.1 to 0.5, the ERLE also increased. As reflection
coefficient, beta, increaes the ERLE decreased. The specifications taken were filter order
N=8000, room size =[6 6 6], RIR length n=8000, reflection coefficient, beta varied from 0.2
to 1 and all-pass filter forward gain is g=0.6, the delays for two input signals are delay1=1,
delay2=10.
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ERLE vs convergence factor(mu)
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Figure 42: ERLE vs convergence factor with respect to beta for TV-APFs

Next, ERLE being measured by varying convergence factor with respect to reflection
coefficient, beta, with NLP2 in the decorrelation path. The results are showed in figure 42
below. In this plot convergence factor is showed from 0.1 to 0.5 on the x-axis and ERLE is
expressed in dB on the y-axis. Different colours are used for curves to depict the different
beta values. It is observed that as convergence factor, mu, increases, the ERLE also
increased. As reflection coefficient , beta, increases , the ERLE decreased. The specifications
taken were filter order N = 8000, room size = [6 6 6], impulse response length n = 8000,
reflection coefficient, beta, varied from 0.2 to 1 and distortion factor alpha = 0.5.
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Figure 43: ERLE vs convergence factor with respect to beta for NLP2

Next, ERLE being measured by varying convergence factor with respect to reflection
coefficient, beta, with NLP1 in the decorrelation path. The results are showed in figure 43
below. In this plot convergence factor is varied from 0.1 to 0.5 on the x-axis and ERLE is
expressed in dB on the y-axis. It is observed that as convergence factor, mu, increases, the
ERLE also increased. As reflection coefficient , beta, increases, the ERLE decreased. The
specifications taken were filter order N = 8000, room size = [6 6 6], impulse response length
n = 8000, reflection coefficient, beta, varied from 0.2 to 1 and distortion factor alpha = 0.3.
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Figure 44: ERLE vs convergence factor with respect to beta for NLP1

5.12 Comparison of misalignment through Euclidean Distance(ED) calculation
The misalignment between filter coefficients and true impulse responses for one
microphone can be defined as

where the operator
denotes the euclidean norm of the corresponding vectors,
and
. Here
represents the true impulse response of echo path and
represents the
estimated echo path response of the adaptive filter. Here, we used left channel and
corresponding filter coefficients to find euclidean distance. The corresponding plots for
different scenarios have been showed in figure 44 below. Here, the length of the RIR used
was 8000 samples and filter length was 8000. The parameters set were
, beta = 0.7, ,
room size [10 10 10].
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Comparison of Misalignment
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Figure 45: Comparison of misalignment with original stereo signal and with stereo signal
modified using decorrelation methods
It can be seen from the figure that the misalignment settles down below 25dB in case TVAPF and NLP2 than that of with use of original stereo signal and with NLP1. From this result
it can be observed that there is no win with using NLP1. It is observed that with original
stereo signal MIS falls down at 26.80dB, for NLP2 falls down at 26.85dB and for TV-APF
falls down at 26.88dB. This closeness is because of APA itself has some decorrelating
property and also because of non uniqueness problem between filter coefficients and impulse
response.
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CHAPTER 6
SUMMARY AND CONCLUSION
6.1 Summary and Conclusion
In future tele-conferencing systems, because of wide range communication needs in daily
life with multi users talking simultaneously the conventional AEC systems does not give
good speech realism. In order to increase the spatial realism there is a need of sterephonic
communication systems which requires SEC. Unlike AECs the SEC system needs to identify
four echo path models between two loudspeakers and two microphones which increases the
complexity. The fundamental problem with SEC is that it can not identify correct stereo echo
path responses due to strong correlation between input signals.
This thesis describes simple and effective techniques to decoorelate the stereo signals so
that correct identification of stereo echo path responses is possible.The basic idea of decorrelation is to introduce non linearity in the stereo signals.The techniques are, first, nonlinear processing method(NLP1) using positive half-wave rectifiers on both stereo signals.
Second, non-linear processing method(NLP2), use of positive and negative half-wave
rectifiers on each stereo signal. Third one is to use TV-APF.
This thesis also describes a fast stereo echo canceller with emphasis on APA. The two
channel APA has been used which is able to identify two echo path models. The echo path
models are simulated using RIR image method. The simulation part is done in MATLAB
software. The canceller is very simple and precise that can run on any PC with MATLAB
software. The experiments are done without and with decorrelation techniques in various
scenarios and compared by measuring MIS and ERLE. With experiments done using TVAPFs gives good performance which gives highly satisfactory results. The ERLE in case TVAPF was about 40.3231dB. The MIS varies almost below 25dB with decorrelated stereo
signals. Performance evaluation on robustness and effectiveness of APA also have done and
results are shown, which shows that the convergence speed is increased with convergence
factor
compared to
.

6.2 Future Scope
The variations in the echo path models were small. They do not vary as much as required
during the process. The improvement on echo canceller with very low complexity algorithms
to work well even with big variations in echo path models and in noisy environment will be
the further scope. Also this was done entirely in offline mode using MATLAB only, to get
very finite precision results the further work may also be extended to implement this echo
canceller using DSP software in real time.
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